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ing acoustic waves through a sound inlet port, and for converting received 
acoustic waves to analog audio signals, a preamplifier having an input and an 
output terminal, the input terminal being connected to the transducer so as to 
receive analog audio signals from the transducer, switching means having one 
or more input terminals, and an output terminal, a first input terminal of the one 
or more input terminals being connected to the output terminal of the pre-am- 
plifier so as to receive amplified analog audio signals from the pre-amplifier, 
and an analog to-digital converter having an input and an input/output termi- 
nal, the input terminal being connected to the output terminal of the switching 
means so as to convert received analog audio signals to digital audio signals. 
Preferably the switching means is configured so as to be controlled by a char- 
acteristic of a received auxiliary analog audio signal, such as its DC level or 
its AC amplitude level. 
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MICROPHONE ASSEMBLY WITH AUXILIARY ANALOG INPUT 
HELD OF THE INVENTION 

The present invention reiates to a microphone assembly and, in particular, to a micro- 
phone assembly comprising a transducer, a pre-amplifier, controllable switching means 
5 and an analog-to-digital (A/D) converter. 

BACKGROUND OF THE INVENTION 

Currently, a typical microphone assembly used in portable phones (e.g., mobile or cellular 
phones) or in hearing aids converts acoustical signals to analog audio signals, which are 
transmitted from the microphone assembly along a signal line to an external A/D converter 
10 for digitization. 

As the analog audio signals travel from the microphone assembly to the A/D converter 
they are undesirably susceptible to electromagnetic interference (EMI) caused by the pres- 
ence of high frequency signals (normally around 1-2 GHz). To reduce the effects of EMI, 
the current practice in the mobile phone industry is to use external capacitors to de-couple 
15 the high frequency signal to "clean" the analog audio signals before digitization. After dig- 
itization, the resulting digital output signals are largely insensitive to EMI. Accordingly, it is 
desirable to convert the acoustical signals to digital output signals as soon as possible - 
e.g. by integrating or build-in the A/D converter Inside the microphone casing - to prevent 
EMI from degrading signal integrity. 

20 US 5,796,848 discloses a digital hearing aid with a microphone. In order to avoid EMI an 
A/D converter is positioned within the microphone casing whereby the A/D converter is 
shielded against EMI. 

Patent application US 2002/0106091 Al discloses a digital microphone assembly for use 
for example In a mobile phone. The digital output signal of the digital microphone assem- 
25 bly is effectively shielded against EMI. In order to save space it is possible to implement all 
electrical parts of the microphone assembly monolithically on one chip. 

Microphone assemblies with integrated A/D converters such as disclosed in US 5,796,848 
and US 2002/0106091 Al are thus advantageous with respect to low susceptibility to EMI 
as well with respect to saving space. However, in cases where external analog sources, 
30 such as headsets, are to be connected to e.g. a portable phone, a separate A/D converter 
is needed in order to digitize the analog audio signal from the headset. Within hearing aids 
a similar need for a separate A/D converter may arise in cases where an analog signal, 
e.g. from a telecoil unit, is to be selected as an alternative to built-in microphones in the 
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hearing aids. Within hearing aids analog electrical signals from hi-fi equipment such as a 
CD player may also be of interest to connect to a hearing aid. Such separate A/D converter 
Increases the cost of manufacturing the portable device, and thereby making the portable 
device less attractive to potential customers. In addition, the presence of a second A/D 
5 converter will increase power consumption. 

Therefore, there Is a need for a microphone assembly that uses the built-in A/D converter 
for converting analog signals generated by external analog devices - such as head-sets, 
telecoil units or other audio equipments such as hi-fi sets. In this way, the use of addi- 
tional, external A/D converters may be avoided. However, this contradicts the requirement 
10 for digital microphone assemblies with reduced number of terminals. The number of termi- 
nals is crucial regarding production costs and requirement for space available for the mi- 
crophone assembly within the actual application. 

It is an object of the present invention to provide such microphone assembly - i.e. a mi- 
crophone assembly capable of handling and digitizing externally generated analog audio 
15 signals with the lowest number of terminals possible. 

SUMMARY OF THE INVENTION 

The above-mentioned object Is complied with by providing, In a first aspect, a microphone 
assembly comprising 

- a transducer for receiving acoustic waves through a sound inlet port, and for convert- 
20 ing received acoustic waves to analog audio signals, 

- a pre-amplifier having an input and an output terminal, the input terminal being con- 
nected to the transducer so as to receive analog audio signals from the transducer, 

- switching means having one or more input terminals, and an output terminal, a first 
input terminal of the one or more input terminals being connected to the output termi- 

25 nal of the pre-amplifier so as to receive amplified analog audio signals from the pre- 
amplifier, and 

- an analog-to-digital converter having an input and an Input/output terminal, the input 
terminal being connected to the output terminal of the switching means so as to convert 
received analog audio signals to digital audio signals. 

30 Preferably, the switching means is configured as electronic switching means. 



Preferably, the transducer Is a silicon-based transducer comprising a silicon back-plate ar- 
ranged adjacent and substantially parallel to a flexible diaphragm which, preferably, Is 
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fabricated from silicon. The silicon diaphragm and the silicon back-plate may form a ca- 
pacitor in combination so as to form a condenser microphone. 

The switching means may comprise two input terminals, where a second input terminal of 
the switching means is adapted to receive an auxiliary analog audio signal. Individual sig- 
5 nal processing units/circuit may be connected to each input terminal whereby e.g. auxiliary 
analog audio signal of different characteristics (for example different signal level) may be 
provided to the input terminals. The auxiliary analog audio signal may, alternatively, be 
superimposed on a supply voitage level provided to the microphone assembly. In the latter 
embodiment, no specific "auxiliary" terminal is required. This may be an Important issue in 
10 order to save space and terminal connections and thereby reduce costs. 

The swithcing means may be controlled/toggled by an electrical signal received on a 
separate external terminal. However, more preferably the switching means may be con- 
trolled/toggled by the providing of a predetermined supply voltage level to the microphone 
assembly. Alternatively, the switching means may be controlled/toggled by a control signal 
15 superimposed on a supply voltage level provided to the microphone assembly. 

An advantage of the above-mentioned embodiments using the supply voltage terminal is 
that no specific "control signal terminal" is required - thus, important space and costs may 
be saved. 

In case the switching means has more than two input terminals, each of the one or more 
20 input terminals, other than the first input terminal, may be adapted to receive an auxiliary 
analog audio signal. 

The switching means may be controlled by a characteristic of a received auxiliary analog 
audio signal. This characteristic may be a DC voltage level of the received auxiliary analog 
audio signal. Alternatively, this characteristic may be an AC signal level amplitude of the 
25 received analog audio signal. An AC signal level amplitude exceeding a certain threshold 
may indicate that the auxiliary analog signal source is active and therefore should be se- 
lected by the switching means Instead of the signal from the microphone preamplifier. 

Alternatively, the switching means may be controlled by characteristics of an input/output 
signal provided to the input/output terminal of the analog-to-digital converter. A digital 
30 data bus may constitute this input/output signal. 

Independent on the number of input terminals, the switching means may be controlled by 
a coded clock signal provided to the microphone assembly. The coding of the clock signal 
may be implemented by e.g. keeping the clock signal constant (set equal to zero or one) 
over a predetermined time period. 
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The microphone assembly may further comprise filter means, e.g. a high-pass filter, be- 
tween the transducer and the analog-to-digital converter. This filter means may be posi- 
tioned between the pre-amplifier and the switching means so as to filter amplified analog 
audio signals. Alternatively, the filter means may be positioned between the switching 
5 means and the analog-to-digitai converter. Alternatively, the filter means may be posi- 
tioned between the auxiliary Input and the switching means. 

The analog-to-digital converter may comprise a sigma-deita modulator. 

In order to save space and reduce cost, the pre-ampilfier, the switching means and the 
sigma-deita modulator are preferably integrated on a monolithic chip so as to form an in- 
10 tegrated circuit. Part of the filter means may also be integrated on the chip. 

Alternatively, the pre-amplifier, the switching means, the analog-to-digital converter, and 
at ieast part of the filter means may be implemented on separate chips so as to form 
separate electronic circuits. 

The microphone assembly may further comprise a digital filter, such as a digital decimation 
15 low-pass filter, connected to the output terminal of the sigma-deita modulator, said digital 
filter forming part of the monolithic integrated circuit. 

The microphone assembly may further comprise a low-pass filter between the pre- 
amplifier and the switching means so as to low-pass filter amplified analog audio signals. A 
band-pass filter may also, or In addition, be positioned between the pre-amplifier and the 
20 switching means. 

The microphone assembly may further comprise an amplifier between the filter means and 
the switching means so as to amplify the filtered analog audio signals. The amplifier may 
form part of a monolithic integrated circuit further comprising the pre-amplifier, the 
switching means, the filter means and the analog-to-digital converter. 

25 The microphone assembly may further comprise a capacitor, said capacitor being adapted 
to be charged by a clock signal provided to the microphone assembly, and being adapted 
to provide power to the microphone assembly. The providing of power to the microphone 
assembly is initiated when a sufficient amount of energy has been provided to the capaci- 
tor. After this stage, the capacitor is being charged continuously by the clock signal. In this 

30 way it is possible to reduce the number of external terminals of the microphone assembly 
by one since power and clock can be provided via a single external terminal. 

The microphone assembly may, via the input/output terminal of the analog-to-digital con- 
verter, be connected to a pure digital signal processor (DSP) for further signal processing. 
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In a second aspect, the present Invention relates to a portable unit comprising a micro- 
phone assembly according to the first aspect. This portable unit may be selected from the 
group consisting of hearing aids, assistive listening devices, mobile recording units, such 
as MP3 and minidisk recorders; and mobile communication units, such as mobile or cellular 
5 phones. 

The combination of the digital microphone having an Internal electronic switch and an In- 
ternal A/D converter and optionally a pure DSP overcomes several aforementioned disad- 
vantages associated with prior art systems in which a separate A/D converter is required 
for each external component that is to be connected to the device/unit housing the micro- 
10 phone assembly according to the present invention. By having microphones with internal 
switches and A/D converters promote flexibility in that a single microphone assembly may 
be capable of digitizing analog signals from several external analog components. 

In addition, the use of a pure DSP simplifies the design of a mobile phone and lowers 
manufacturing costs because pure DSPs are less expensive to manufacture compared to 
15 DSPs which also contain analog circuitry. 

Modern mobile phones are based on digital signal processing, i.e. the microphone signal is 
converted Into a digital signal for further processing. The present invention is very suitable 
for use in such mobile phones since a majority of these mobile phones need to have an 
interface for simple, low cost analog-type head-sets based on analog microphones. Using 
20 the present invention, the use of separate A/D converters are avoided since the micro- 
phone assembly according to the present invention takes care of the conversion to the 
digital domain. 

Modern hearing aids are also based on digital signal processing of a signal from an inte- 
grated microphone positioned within the hearing aid. However, it is still common to use 
25 these hearing aids in combination with an analog telecoil unit or connected directly to hi-fi 
sets. With a microphone assembly according to the present invention A/D conversion of an 
analog signal from such equipment Is provided by the microphone assembly thus elimi- 
nating the need for a separate A/D converter. 

BRIEF DESCRIPTION OF THE DRAWINGS 

30 The foregoing and other advantages of the Invention will become apparent upon reading 
the following detailed description and upon reference to the following drawings, where 

FIG. 1 Is a functional diagram of a mobile phone housing an embodiment of the present 
invention, 
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FIG. 2 is a functional diagram of a hearing aid comprising a telecoil unit which is connected 
to a microphone assembiy according to the present invention, 

FIG. 3a shows a graph with an example of an analog input voltage to the microphone as- 
sembly of FIG. 2 in an active state of the telecoil unit, and 

5 FIG. 3b shows the same graph as in FIG. 3a but in a deactivated state of the telecoil unit. 

While the invention is susceptible to various modifications and alternative forms, specific 
embodiments will by way of examples be described in detail herein. It should be under- 
stood, however, that the invention is not intended to be limited to the particular forms dis- 
closed. Rather, the invention is to cover all modifications, equivalents, and alternatives fal- 
10 ling within the spirit and scope of the invention as denned by the appended claims. 

DETAILED DESCRIPTION OF THE INVENTION 

FIG. 1 shows an example of use of the microphone assembly according to the first aspect 
of the present invention. 

A mobile phone 2 shown in FIG. 1 generally includes a microphone assembly 3, a pure 
15 digital signal processor (pure digital DSP) 14, a speaker assembly 30, an RF receiver unit 
32, an RF transmitter unit 34, and an antenna 36. The microphone assembly 3 comprises a 
microphone assembly casing 4 that houses transducer 8, microphone pre-amplifier 10, and 
analog-to-dlgital (A/D) converter 12. In addition to providing structural integrity to the en- 
tire microphone assembly 3, the microphone assembly casing 4 shields or protects trans- 
20 ducer 8, microphone pre-amplifier 10, and A/D converter 12 against undesired high fre- 
quency EMI. The microphone assembly casing 4 is preferably composed of an electrically 
conducting material, such as steel or aluminium, or metallized non-conductive materials, 
such as metal particle-coated plastics. 

Acoustical energy is received through sound inlet 6 by transducer 8. In a preferred em- 
25 bodiment, transducer 8 comprises an electret assembly that includes a flexible diaphragm 
that moves in response to exposure to acoustical energy. The movement of the flexible 
diaphragm results in an electrical signal and, thus, transducer 8 converts the acoustical 
energy into electrical energy. This electrical energy is provided as analog audio signals to 
microphone pre-amplifier 10, which amplifies the analog audio signals to an appropriate 
30 level for A/D converter 12. Pre-amplifier 10 may include more than one gain stage. A/D 
converter 12 converts the analog audio signals to digital output signals. 

In a preferred embodiment, A/D converter 12 is implemented as a sigma-delta modulator, 
which converts the analog audio signals into a serial digital bit stream. Alternatively, A/D 
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converter 12 may be, for example, a flash or pipeline converter, a successive approxima- 
tion converter, or any other suitable A/D converter. The serial digital bit stream may be 
transmitted on line 20 to pure digital DSP 14 for further processing. Pure digital DSP 14 
does not contain analog circuitry and does not process analog signals. Rather, the pure 
5 digital DSP 14 only contains digital circuitry (circuitry that is adapted to only process digital 
signals) and only processes digital signals. Thus, the Input signals on lines 20, 24 to and 
the output signals on lines 22, 26 from the pure digital DSP 14 are only in a digital format. 

Mobile phone 2 in FIG. 1 is provided with an auxiliary analog. input terminal, Analog Aux 
In. This auxiliary analog input terminal is adapted to receive an auxiliary analog signal. The 
10 input terminal connected to an input terminal on the switching means 11 which is capable 
of switching between the pre-ampiifier output signal and a provided auxiliary analog signal 
- e.g. from a headset having an analog microphone. 

In FIG. 1, switching means 11 is shown with two input terminals, one terminal connected 
to pre-amplifler 10 and another terminal connected to the Analog Aux In terminal of mo- 
15 bile phone 2. However, there is, in principle, no limitation with regard to the number of 
input terminals. Thus, switch 11 may be provided with IN input terminals - each of them 
being adapted to receive an auxiliary analog signal. Alternatively, and instead of providing 
a separate input terminal, an analog input terminal may be combined with a power supply 
terminal on the microphone assembly. In this may, space for a terminal may be saved. 

20 As mentioned previously, switching means 11 may be controlled in a variety of ways in 
that the switching may be controlled by the providing of a predetermined supply voltage 
level to the microphone assembly. Thus, switch 11 may be toggled if the level of the sup- 
ply level comes within a predetermined range of a predetermined voltage level. 

Alternatively, the switching means 11 may be controlled by a control signal superimposed 
25 on a supply voltage level provided to the microphone assembly. 

In another embodiment, switching means 11 may be controlled by a characteristic of a re- 
ceived auxiliary analog audio signal. This characteristic may be a DC or an AC voltage level 
of the received auxiliary analog audio signal. 

In yet another embodiment, switching means 11 may also be controlled by characteristics 
30 of a digital data bus signal provided to the input/output terminal of the analog-to-digital 
converter. Even further, switching means 11 may be controlled by a coded dock signal 
provided to the microphone assembly. The coding of the clock signal may be implemented 
by e.g. keeping the clock signal constant (set equal to zero or one) over a predetermined 
time period. 
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Pure digital DSP 14 processes the digital output signals from line 20 and provides digital 
signals for transmission on line 26 to the RF transmitter unit 34. The RF transmitter unit 
34 converts the digital signals for transmission into RF signals, which are transmitted by 
the antenna 36. Similarly, the antenna 36 provides RF signals to the RF receiver unit 32, 
5 which provides received digital signals on line 24 to the pure digital DSP 14. The pure 
digital DSP 14 processes the received digital signals and provides digital audio output sig- 
nals on line 22 to the speaker assembly 30. The digital audio output signals on line 22 may 
be PDM-or PWM-coded signals. The speaker assembly 30 converts the digital audio output 
signals to acoustical signals that will be heard by the operator. 

10 The mobile phone 2 shown in FIG. 1 is not the only device in which the present invention is 
operable. The mobile phone 2 was selected for illustration purposes only, and the present 
invention contemplates many other devices besides mobiie phones. Examples of other de- 
vices include, without limitation, portable phones, portable audio or video recording sys- 
tems, hearing aids, personal digital assistants, wearable microphones (wired or wireless), 

15 and any other device which requires a microphone that Is miniature in size and which re- 
quires a raw or formatted digital audio output. 

The microphone assembly according to the present invention may further include a high- 
pass filter (not shown) connected between the microphone pre-amplifier and switching 
means. The high-pass filter blocks DC components in the signals between the microphone 
20 pre-amplifier and the switching means. The high-pass filter also reduces the overall noise 
level in the microphone assembly by filtering out low frequencies. An additional amplifier 
(not shown) may be connected between the high-pass filter and the switching means. This 
additional amplifier may be a buffer or a differential converter, such as a single-entity dif- 
ferential converter. 

25 A low-pass filter (not shown) may be connected between the pre-amplifier and the 

switching means. This filter prevents undesired aliasing effects by limiting the frequency 
content of the signals before they are provided to the switching means, and thereby before 
they are provided to the A/D converter. The high-pass filter and the low-pass filter are 
preferably incorporated into the microphone pre-amplifier though, alternatively, the high- 

30 pass filter and the low-pass filter may optionally be separate from the microphone pre- 
amplifier. 

The digital output signals on line 20 are raw signals in the sense that they have not been 
formatted according to any standard audio format. The raw digital output signals on line 
20 are transmitted to the pure digital DSP 14 for further digital processing. 
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A formatting circuit (no shown) may be connected between A/D converter 12 and pure 
digitai DSP 14. The formatting circuit formats the signals from the A/D converter 12 in ac- 
. cordance with a digital audio standard, such as, for example, S/PDIF, AES/EBU, I 2 S, or any 

other suitable digital audio standard. Alternatively, the formatting may be performed by 
5 the pure digital DSP 14. The formatting circuit is preferably incorporated into the A/D con- 
verter 12, and may further include a digital filter. The pre-amplifier 10 may optionally in- 
clude a high-pass filter and/or a low-pass filter like those described above. 

The formatted digital output signals may be transmitted on line 20 to the pure digital DSP 
14 for further processing or, because the digital output signals are formatted according to 
10 a digital audio standard, may be plugged into or incorporated directly into a device which 
is compliant with such digital audio standard, such as a portable audio or video device, for 
example. 

The high-pass filter (not shown) typically comprises a capacitor and a resistor. The filtering 
effect of high-pass filter is minimised by selecting capacitor and resistor values making t as 

i5 large as possible, or in other word, ensure a very low cut-off frequency of the high-pass 
filter. Furthermore, it is essential to minimise the noise from the high-pass filter itself. This 
may be achieved by selecting a large capacitance since the electronic noise from a capaci- 
tor is given by kT/C, where C is the capacitance, T is the temperature and k Planck's con- 
stant. It is dear that the electronic noise from the capacitor increases with a smaller ca- 

20 pacitance. 

A digital filter (not shown) may be positioned between the A/D converter, which preferably 
Is a sigma-delta modulator, and the pure digital DSP. The digital filter removes the high 
frequency noise from the digital bit stream. Preferably, the digital filter is a digital decima- 
tion low-pass filter, which removes out-of-band quantization noise. The digital may be in- 
25 corporated in a pure digital DSP 14, or incorporated in the A/D converter 12. 

FIG. 2 shows a diagram of a microphone assembly 103 for hearing aid applications. Con- 
nections between the microphone assembly 103 and a telecoil unit 40 are indicated. The 
principal layout of the microphone assembly 103 corresponds to the microphone assembly 
3 in FIG. 1. The microphone assembly 103 comprises a microphone assembly casing 104 

30 that houses transducer 108, microphone pre-amplifier 110, A/D converter 112, and 
switching mean 111. By example the A/D converter 112 is indicated to be a sigma-deita 
converter type. Acoustical signals are detected by the microphone 108 via an acoustical 
port 106. The microphone assembly 103 has four externally accessible terminals: power 
supply voltage (VDD), ground (GND), auxiliary analog input (AUX), and digital output 

35 (DOUT). 
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The telecoil unit 40 in FIG. 2 comprises a telecoil 41 connected to a telecoil amplifier 42. 
The telecoil amplifier 42 has an output terminal 43 used to provide an analog electrical 
signal according to a signal picked up by the telecoil 41. The output terminal 43 of the 
telecoil unit 40 is connected to the microphone assembly 103 via its AUX input terminal. 
5 The AUX terminal is connected to the switching means 111 which- Is adapted to select if 
either an analog signal from the microphone preamplifier 110 or if a signal from the tele- 
coil unit 40 is connected to the A/D converter 112. Thereby, the switching means is 
adapted to select which of the two analog signal sources microphone or telecoil Is to be fed 
to the A/D converter and thereby converted to a digital signal appearing on the DOUT ter- 
10 minai 120 of the microphone assembly. 

A two position switch 51 is used to either connect or disconnect a power supply terminal 
(VDD) of the telecoil amplifier 42 to a power supply line 50 connected to a power supply 
source (PWR). The VDD terminal of the microphone assembly 103 is permanently con- 
nected to the power supply line 50 so as to permanently supply the preamplifier 110, the 
15 switching means 111, and the A/D converter 112 with supply voltage. 

The switch 51 is used to select between the telecoil unit 40 and the microphone 108 as 
signal source. In one position the switch 51 connects the telecoil amplifier 42 to the power 
source line 50. The telecoil unit 40 is hereby active and the telecoil amplifier 42 is adapted 
to provide an AC signal according to a signal picked up by the telecoil 41 on its output 

20 terminal 43, The telecoil amplifier 42 is adapted to superimpose this AC signal on a DC 
signal. The switching means 111 is adapted to detect a DC voltage level applied to the AUX 
terminal and hereby enable the AUX input if the DC voltage level is above a specified 
threshold. In another position of the switch 51 there is no connection between the power 
source line 50 and the VDD terminal of the telecoil amplifier 42. Consequently, the telecoil 

25 amplifier 42 is inactive and there will be a very low voltage leVel on Its output terminal 43. 

FIG. 3a shows a graph with an example of a voltage 61 applied to the AUX terminal of the 
microphone assembly 103 of FIG. 2. A DC voltage threshold TH for enabling the AUX input 
is sketched on the graph with a dotted line 60. As seen in FIG. 3a the voltage 61 level 
clearly exceeds the threshold 60 and thereby the switching means 111 will enable the AUX 
30 Input and at the same time disable the signal from the microphone preamplifier 110. Con- 
sequently, the telecoil unit 40 Is in an active mode whereas the microphone is In an deac- 
tivated mode. 

FIG. 3b shows a graph corresponding to that of FIG. 3a. In this situation a voltage 62 ap- 
plied to the AUX is below the voltage threshold 60. The swlthclng means 111 will thus dis- 
35 able the AUX input and enable the signal from the microphone amplifier 110. Conse- 
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quently, the telecoil unit 40 is in a deactivated mode whereas the microphone is in an acti- 
vated mode. 

With the above mentioned type of selection between microphone and telecoil signal for 
hearing aids it is possible to reduce the number of external terminals of the microphone 
5 assembly 103 to four. This is possible since the AUX terminal serves as analog input termi- 
nal as well as control terminal for selecting which Input signal source to be active. 

If more than one auxiliary analog input Is preferred, there Is number of different strategies 
for selecting which of the signal sources to be active. An example of such strategy Is the 
following. The switching means is adapted to detect a DC or an AC signal levels of the 

10 more than one received auxiliary analog input signals, such as previously described. If 
none of the auxiliary signals source are detected to be active, the swithcing means will se- 
lect the signal from the internal microphone. If one of the auxiliary signal sources is de- 
tected to be active, this auxiliary signal source will be selected by the switching means. If 
two or more auxiliary signal sources are detected to be active, the auxiliary analog inputs 

15 may have a preselected order of priority so that the active auxiliary analog signal with the 
highest priority is the one to be selected as the by the switching means. 

While the present invention has been described with reference to one or more particular 
embodiments, those skilled in the art will recognize that many changes may be made 
thereto without departing from the spirit and scope of the present invention. Each of these 
20 embodiments and obvious variations thereof is contemplated as falling within the spirit and 
scope of the claimed invention, which is set forth in the following claims. 
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CLAIMS 

1. A microphone assembly comprising 

- a transducer for receiving acoustic waves through a sound inlet port, and for convert- 
ing received acoustic waves to analog audio signals, 

5 - a pre-amplifier having an input and an output terminal, the input terminal being con- 
nected to the transducer so as to receive analog audio signals from the transducer, 

- switching means having one or more input terminals, and an output terminal, a first 
input terminal of the one or more input terminals being connected to the output termi- 
nal of the pre-amplifier so as to receive amplified analog audio signals from the pre- 

10 amplifier, and 

- an analog-to-dlgital converter having an input and an input/output terminal, the input 
terminal being connected to the output terminal of the switching means so as to convert 
received analog audio signals to digital audio signals. 

2. A microphone assembly according to claim 1, wherein the switching means is configured 
15 as an electronic switching means. 

3. A microphone assembly according to claim 2, wherein the switching means comprises 
two input terminals, and wherein a second input terminal of the switching means is 
adapted to receive an auxiliary analog audio signal. 

4. A microphone assembly according to claim 2, wherein each of the one or more input 
20 terminals other than the first input terminal are adapted to receive auxiliary analog audio 

signals. 

5. A microphone assembly according to claim 3 or 4, wherein the switching means is con- 
figured so as to be controlled by a characteristic of a received auxiliary analog audio signal. 

6. A microphone assembly according to claim 5, wherein the characteristic controlling the 
25 switch relates to a DC voltage level of the received auxiliary analog audio signal. 

7. A microphone assembly according to claim 1, wherein the switching means is configured 
so as to be controlled by characteristics of an input/output signal provided to the in- 
put/output terminal of the analog-to-digital converter. 

8. A microphone assembly according to claim 7, wherein the Input/output signal provided 
30 to the input/output terminal of the analog-to-dlgital converter is a digital data bus. 
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9. A microphone assembly according to claim 3, wherein the switching means is configured 
so as to be controlled by providing a predetermined supply voltage level to the microphone 
assembly. 

10. A microphone assembly according to any of claims 1-4, wherein the switching means is 
5 configured so as to be controlled by a coded clock signal provided to the microphone as- 
sembly. 

11. A microphone assembly according to claim 10, wherein the coded clock signal is coded 
by- keeping the clock signal constant over a predetermined time period. 

12. A microphone assembly according to any of claims 1-3, wherein the switching means is 
10 configured so as to be controlled by a control signal superimposed a supply voltage level 

provided to the microphone assembly. 

13. A microphone assembly according to claim 1 or 2, wherein an auxiliary analog audio 
signal is superimposed a supply voltage level provided to the microphone assembly. 

14. A microphone assembly according to any of the preceding claims, further comprising 
15 filter means between the transducer and the analog-to-digital converter. 

15. A microphone assembly according to claim 14, wherein the filter means is positioned 
between the pre-ampiifier and the switching means so as to filter amplified analog audio 
signals. 

16. A microphone assembly according to claim 14, wherein the filter means Is positioned 
20 between the switching means and the analog-to-digital converter. 

17. A microphone assembly according to any of claims 14-16, wherein the filter means 
comprises a high-pass filter. 

18. A microphone assembly according to any of the preceding claims, wherein the analog- 
to-digital converter comprises a sigma-delta modulator. 

25 19. A microphone assembly according to claim 18, wherein the pre-amplifier, the switching 
means and the sigma-delta modulator are integrated on a chip so as to form a monolithic 
Integrated circuit. 

20. A microphone assembly according to any of claims 14-18, wherein the pre-amplifier, 
the switching means, the analog-to-digital converter, and at least part of the filter means 
30 are integrated on a chip so as to form a monolithic integrated circuit. 
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21. A microphone assembly according to any of claims 14-18, wherein the pre-amplifier, 
the switching means, the analog-to-dlgltal converter, and at least part of the filter means 
are Implemented on separate chips so as to form separate electronic circuits. 

22. A microphone assembly according to claim 19, further comprising a digital filter con- 
5 nected to the output terminal of the sigma-delta modulator, said digital filter forming part 

of the monolithic integrated circuit. 

23. A microphone assembly according to claim 22, wherein the digital filter is a digital 
decimation low-pass filter. 

24. A microphone assembly according to claim 1, further comprising a low-pass filter be- 
10 tween the pre-amplifier and the switching means so as to low-pass filter amplified analog 

audio signals. 

25. A microphone assembly according to claim 1, further comprising a band-pass filter 
between the pre-amplifier and the switching means so as to band-pass filter amplified 
analog audio signals. 

15 26. A microphone assembly according to claim 14, further comprising an amplifier between 
the filter means and the switching means so as to amplify the filtered analog audio signals. 

27. A microphone assembly according to claim 26, wherein the amplifier forms part of a 
monolithic integrated circuit further comprising the pre-amplifier, the switching means, the 
filter means and the analog-to-digital converter. 

20 28. A microphone assembly according to any of the preceding claims, wherein the trans- 
ducer is a silicon-based transducer. 

29. A microphone assembly according to any of the preceding claims, further comprising a 
capacitor, said capacitor being adapted to be charged by energy contained in a clock signal 
provided to the microphone assembly, and being adapted to provide power to the micro- 

25 phone assembly, the capacitor being re-charged continuously by the provided clock signal. 

30. A microphone assembly according to any of the preceding claims, said microphone as- 
sembly being, via the Input/output terminal of the analog-to-digital converter, connected 
to a pure digital signal processor for further signal processing. 

31. A portable unit comprising a microphone assembly according to any of the preceding 
30 claims. 
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32. A portable unit according to claim 31, wherein the portable unit is selected from the 
group consisting of hearing aids, assistive listening devices, mobile recording units, such ■ 
as MP3 and minidisk recorders; and mobile communication units, such as mobile or cellular 
phones. 
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